In this paper we explore speech dereverberation techniques whose principle is the recovery of the envelope modulations of the original (anechoic) 
Introduction
Recent advances in teleconferencing, multi-media and handsfree telephony have spurred an interest in reducing the effect of room reverberation in speech communications. In the past, the problem has been approached from several Merent perspectives depending on the particular application. W e several viable solutions exist in situations where more than one channel is available [8], [6] , single channel systems still pose a formidable challenge.
For single channel systems two main approaches have been taken. One approach consists of estimating some properties of the room from the corrupted data and applying deconvlution techniques to recover the speech. The main drawback in such cases is that some simplifying assumptions about the speech and channel have to be made, thus yielding only partial solutions [11] , [13] .
In a Merent approach, an attempt is made to recover the energy envelope of the original (anechoic) speech by applying a theoretically derived inverse modulation transfer function (MTF) [3] , or ad hoc high-pass filtering [4] . Such approaches were motivated by studies on the the effect of reverberation on the Modulation Index (MI) of speech and the reduction of intelligibility in reverberant environments [MI.
In other works [SI, the envelope modification has even been attempted with filters derived from pure observations, which further simplify the reverberation phenomena. 
Motivation
In this study we apply a technique which we originally developed for background noise reduction purposes [2] , to the dereverberation problem.
We have achieved a considerable reduction of additive noise by filtering compressed short-time power spectrum trajectories (STPT's) of noisy speech. The filters used were derived from parallel recordings of dean and noisy training data. The magnitude frequency response of such filters showed that, in the presence of additive noise, modulation fresuencies characteristic of dean speech (around 3-6 Hz) need to be enhanced and otherwise attenuated, thus supporting [14] in their observation about the noise effects on the MI of speech. T h i s gave us some confidence that the data-derived filters are partially compensating for the deteriorating effect of some disturbances on the MI of speech.
Recently, we have also applied our technique (with some modifications) to the design of optimal channel normalization filters for applications in ASR [l] , and found that that the enhancement of dominant speech-related modulation frequencies (in t& application in the log spectral domain) is required to deviate the iduence of chaunel distortions in speech data.
Since the compensation for the effect of reverberation on the MI of speech was the prime motivation behind both Langhan's-Strube's and Hirsch's techniques, it is of interest how would our data-derived filters look and perform on this dereverberation task. In the absence of discrete echoes, the effect of such a super-position shows as reverberation tails on the energy envelope of the signal. These tails have an approximately exponentially decaying envelope with a time constant determined by the room's dimensions, wall reflectivities and the positions of the source and receiver.
Tails produced by past acoustic events fill in low energy regions between consecutive sounds reducing the modulation depth of the original envelope and thus modifying its MI [14] .
The MTF of the reverberant room can be derived from it's impulse response [9] and thus the effect of the room on the MTF of speech is predictable. This motivates the application of inverse MTF's to recover the original modulations present in the original (anechoic) speech. Notice that in this case the phase modifications in the h e structure are not considered.
Linear System
Reverberation can be formally described in terms of a linear system characterized by the impulse response of the room. Reverberant speech is then modelled as the convolution of speech with this impulse response. The effective length of this impulse response can be very long, in fact, most of the times it is longer than the interval over which the speech signal can be considered as stationary. 
Review of Data Designed Filter

Bank Technique
In this section we review the technique used to derive a filter bank from clean and reverberant speech data.
The technique used in [2] consists of the following steps: the short-term frequency magnitude of the corrupted speech is computed using the short-time Fourier transform (STFT).
After application of a static non-linearity, each time trajectory of this new representation is filtered by a data designed filter (see Fig.1 ). After filtering, the result is transformed back to the STFT magnitude domain and combined with the original short-time phase in an overlapadd (OLA) s pthesis procedure.
Since in the particular case of our study we are after compensation of the short-term power spectrum, we use a = 2, i.e. For the compensation of the effects of additive noise, filter lengths were typically chosen to be around a syllable length, i.e. about 200 ms.
For the experiments described in this paper, the data used were generated by convolving clean speech (sampled at 8lrHz) with artificial room impulse responses. For these impulse responses, reverberation tails were produced using Schroeder's model (i.e. a decaying exponential envelope modulated by a white noise sequence).
Experiments
Using the data designed filter bank approach we find the modulation-domain filters and compare them with the t h e retical and empirical transfer functions used in 
High-pass Filtering of STPT's
Hirsch [4] reported an improvement on the recognition of r e verberant speech by using high-pass filtering of the STPT's.
Improvement of the subjective quality of the reconstmcted speech after filtering was also reported and this constitutes the object of our investigation.
We hypothesized that the main effect of the aggressive highpass filtering was due to the fact that, after filtering, a considerable number of points in the resulting power spectra were eliminated. The filter in [4] was a high-pass filter with a real zero at dc, thus removing the mean of the STPT's and effectively making half of the spectral power spectra energies negative. A standard technique for handling the negative values in the overlapadd spectral subtraction is to substitute them by zeros, i.e. dectively eliminating them. After filtering, negative values correspond to low energy regions likely to contain reverberation tails. While removal of low spectral energy values reduces the reverberation effects considerably, it may also cause a loss of useful speech information .and distortion of the perceived speech signal.
We pedormed two simple experiments to test our hypothesis. In the first experiment we applied full-wave rather than half-wave rectification and found no reduction of the reverberation.
In the second experiment the STPT's of reverberant speech were center clipped below a certain threshold (20% of the maximum value). The result was very similar to that obtained with high-pass filtering.
Although some improvement of the MI is evident after the processing using Hirsch's filter, it appears that the main effect of the high-pass filtering technique is in removing the low-energy spectral values, rather than achieving a restoration of the MI.
Inverting a Theoretical MTF
Langhans and Strube ([3]) applied a theoretically derived inverse MTF to reduce reverberation. In their method the inverse MTF (IMTF) was applied in critical bands simulated by a weighted sum of the STPT's. The IMTF used was the inverse of a first order low-pass characteristic with a cut-off frequency proportional to the reverberation time (T~o) considered (this is analytically derived for artificial reverberation). The modulation frequencies higher than 10 Hz were not enhanced above certain threshold to avoid strong fast ffuctuations, and those higher than 40 Hz were further attenuated.
S i c e the results obtained with this technique were reported as negative, we decided to investigate the matter and use our filter design technique to compare the theoretical m e to the magnitude transfer function of the data-derived filters.
Data-derived Filters
A set of filters was obtained using artificially reverberated speech in the way described in section 3. In this experiment we used critical band energies of corrupted and clean speech. These energies were produced by a weighted sum over the STPT's in one third octave rectangular windows. This smoothing was only necessary to compare our results to those described in (31. The reverberation time used to obtain the results reported here was T60 = 0.75 but we got similar results under other conditions. Filter lengths were chosen to be at least as long as the reverberation time considered. have very similar shapes. At low modulation frequenaes we can see a close correspondence between the data-d&ved and theoretical fresuency responses. At higher modulation frequeodes, however, the filter characteristics differ significantly: the data-derived filters exhibit a strong low-pass character, suppressing modulation frequencies above 10 Hz.
We have observed such suppression of higher modulation frequencies in many of our experiments with noisy 123 and linearly distorted [I] speech. It appears that high modulation frequencies of the short-term spectrum of speech are highly corruptible by many kinds of distortions, and the data-derived filtvs always tend to alleviate this. (Notice that Langhans and Strube elected at least not to enhance such higher modulation frequenaes in their attempt for the dereverberation of speech in spite of the fact that their theoretically derived compensation filter suggested to do so).
Results
After processiug the smoothed STPT's with the data-derived filters we resynthesized the signal by applying the new envelope to the origjnal short-term phase. We observed that a reduction of the reverberation was audible. However, no improvement over using the theoretical IMTF was apparent.
A reasonable question to ask in this case is if the filtering really compensated for the reduction of the modulation index of the corrupted speech. Fig. 3 shows the modulation index of the 1Wz centered bands of original speech, reverberant speech, and recon-structed speech after the modulation-domain filtering by the data-derived filters. Restoration of the modulation frequencies which were suppressed by dereverberation is significant in the reconstructed speech and was consistently found also at other frequency bands.
Unfortunately, we must conclude that even when the desired restoration of suppressed modulation frequenaes is achieved, the recovery of the modulations alone does not guarantee a reverberation free speech. In this scheme the resynthesis procedure makes use of the original corrupted phase which undoubtedly contributes to the perceived artifacts. 
Conclusions
We have obtained a filter--from training data for processing the simulated critical bands of reverberant speech. Results show that these filters approximate some of the characteristics of the theoretical transfer functions used in the past. Listening tests indicate that an audible reduction of reverberation is achieved but artifacts on the processed speech signal are somewhat severe. Although no formal intelligibility tests were carried out it is likely that the restoration of the MI might not improve intelligibility in this case. This result indicates that caution needs to be taken when the MI is used as an indicator of quality or intelligibility of the impaired speech. 6 . Acknowledgments
